ABSTRACT
INTRODUCTION
Today's consumer electronics such as cellular phones and other multi-media and wireless devices often require digital signal processing (DSP) algorithms for several crucial operations in order to increase speed, reduce area and power consumption. The range of user terminals that need to be connected in this communication world, include cell phones, video phones, satellite phones, PDAs, portable computers and other nomadic computing devices. To flourish and succeed in these dynamic environment equipment suppliers must build highly flexible systems that operate across multiple wireless and wired network standards. They must be able to rapidly adopt new business models as they evolve, and they must be able to incorporate new signal processing techniques that allow increased network capacity, increased coverage, increased quality of service, or a combination of all. The answer to the diverse range of requirements is the software defined radio. The digital signal processing application by using variable sampling rates can improve the flexibility of a software defined radio. It reduces the need for expensive anti-aliasing analog filters and enables processing of different types of signals with different sampling rates. It allows partitioning of the high-speed processing into parallel multiple lower speed processing tasks which can lead to a significant saving in computational power and cost.
Due to a growing demand for such complex DSP applications, high performance, low-cost Soc implementations of DSP algorithms are receiving increased attention among researchers and design engineers. Although ASICs and DSP chips have been the traditional solution for high performance applications, now the technology and the market demands are looking for changes.
On one hand, high development costs and time-to-market factors associated with ASICs can be prohibitive for certain applications while, on the other hand, programmable DSP processors can be unable to meet desired performance due to their sequential-execution architecture. In this context, embedded FPGAs offer a very attractive solution that balance high flexibility, time-tomarket, cost and performance. So this paper focuses on efficient design and implementation of digital down convertor for software radios on an FPGA target device.
DIGITAL DOWN CONVERTOR (DDC)
The widespread use of digital representation of signals for transmission and storage has created challenges in the area of digital signal processing [1] . The applications of digital FIR filter and up/down sampling techniques are found everywhere in modem electronic products. For every electronic product, lower circuit complexity is always an important design target since it reduces the cost [2] . There are many applications where the sampling rate must be changed. Interpolators and decimators are utilized to increase or decrease the sampling rate. Up sampler and down sampler are used to change the sampling rate of digital signal in multi rate DSP systems. This rate conversion requirement leads to production of undesired signals associated with aliasing and imaging errors. So some kind of filter should be placed to attenuate these errors [3] .
A digital down convertor (DDC) is an important part of SDR based 3G or 4G baseband receivers. It shifts the spectrum of interest from its carrier frequency, i.e. intermediate frequency to baseband [4] . It also performs decimation and matched filtering to remove adjacent channels and maximize the received signal-to-noise ratio (SNR). A DDC is mainly used to down convert or decimate the GSM signal [5] . Typically lowpass filters are used to reduce the bandwidth of a signal prior to reducing the sampling rate. This is done to minimize aliasing due to the reduction in the sampling rate. Down sampler is basic sampling rate alteration device used to decrease the sampling rate by an integer factor [6] - [7] . On the receiver side, digital IF techniques can be used to sample an IF signal and perform channelization and sample rate conversion in the digital domain. Using under sampling techniques, high frequency, IF signals typically more than 100MHz can be quantified. For SDR applications, since different standards have different chip/bit rates, non-integer sample rate conversion is required to convert the number of samples to an integer multiple of the fundamental chip/bit rate of any standard.
There are many advanced signal processing tasks performed in a modern digital receiver using two sub-systems called front end and back end systems. A front-end sub system operates at high-data rate and a back-end operates at low data rate or chip-rate. The front-end high-data rate FPGA DSP implements channelization functions for a multi-carrier system. Each channelizer accesses the digital IF (intermediate frequency), translates a channel to baseband and using a multi-stage multi-rate filter adjusts the sample rate to satisfy Nyquist for the selected band. The back-end processor will typically operate on multiple slower rate sample streams performing functions like rake processing, adaptive rake processing, demodulation, turbo decoding, Viterbi decoding. In a QAM system, carrier recovery, timing recovery and adaptive channel equalization will be required. Virtually all digital receivers perform channel access using a digital down-converter (DDC). A simplified block diagram of digital down convertor is shown in Figure1. The desired channel is translated to baseband using the digital mixer comprising the multipliers M1, M2 and a direct digital synthesizer (DDS). The sample rate of the signal is then adjusted to match the channel bandwidth [8] - [10] . This is performed using a multi-stage multirate filter consisting of the filters C(z) ,G(z) and H(z).
Figure1. Digital down convertor
Modern base station transceivers will often require a large number of DDCs to support multicarrier environments or for coherently down-converting and combining a number of narrow-band channels into one wide-band digital signal. The DDC is typically located at the front-end of the signal processing conditioning chain, close to the A/D, and is usually required to support high sample rate processing in the region of 100 to 200 MSPS. The high data rate, coupled with the large arithmetic workload, is not well suited for DSP microprocessor implementation. Application specific standard products (ASSP) are a common solution. A more flexible, and typically higher-performance alternative, is to implement the DDC using programmable logic like FPGA. Since DDC functions only require a modest amount of FPGA silicon resources, many other receiver functions can be implemented in the same device
PROPOSED DDC MODEL DESIGN
A model of Digital Down-Converter (DDC) is designed to meet the 3G and 4G specifications using a multi-section CIC decimator and two Equiripple based polyphase decimators [11] - [12] with the help of Simulink and Xilinx System Generator blocks as shown in Figure2. The upper portion enclosed in rectangular block shows the software part and lower portion enclosed in another rectangular block shows the hardware part implemented on target FPGA. The equiripple window based technique is used which results in less number of required coefficients as compared to other window techniques to improve hardware complexity and speed.
Figure2. Proposed DDC Hardware Co-simulation Model
The functions performed by the developed model are waveform synthesis (DDS), complex multiplication and multirate filtering. The proposed model consists of three major parts namely mixer section, CIC section and decimator section.
Mixer Section
This section consists of two multipliers M1 and M2 along with direct data synthesizer (DDS) as shown in Figure3. The multipliers M1 and M2 used in proposed DDC model are implemented using the Virtex-II embedded multipliers. The pipelined operation is used to enhance the sample rate in excess of 200 MHz. In this design, with an input sample rate of 52 MHz, a single multiplier could be time-shared to implement the input heterodyne. The DDS is using a phasedithered look-up table-based synthesizer. The FPGA block memory is used to store one quarter of a cycle of a sinusoid. The dual-port memory enables both the in-phase and quadrature components of the local oscillator to be generated simultaneously using a single block RAM. The single block RAM implementation can generate a 4096-sample full-wave 16-bit precision complex sinusoid. With phase dithering, the synthesizer will generate a mixing signal with a spurious free dynamic range (SFDR).
Figure3. Mixer Section
The DDS spectral efficiency is 102dB SFDR. The input and output sample rates are chosen to be 52 MHz and 270.8333 kHz respectively. This corresponds to a sample rate change of 192.
CIC Section
The baseband channel is highly oversampled so a simple cascade of boxcar filters, implemented as a cascaded integrator comb (CIC) [10] will be employed to initially reduce the sample rate by a factor of 48.
Figure4. CIC Section
The CIC filter C(z) is multiplier less consisting only of integrator and differentiator sections. For this application a cascade of 4 integrators followed by 4 differentiators, with an embedded 48:1 rate change is used as shown in Figure4. 
Polyphase Decimator Section
The CIC filter is followed by a cascade of two 2:1 polyphase decimators shown in Figure5 & 6 respectively to produce the required input-to-output sample rate change of 192:1.
Figure5. Polyphase Decimator G(z)
A 24-tap filter is used for the polyphase decimator G(z) while a 96-tap filter is employed for H(z). Here 96 cycles are required to implement this filter.
Figure6. Polyphase Decimator H(z)

HARDWARE IMPLEMENTATION RESULTS & DISCUSSIONS
The proposed DDC is implemented using polyphase decomposition technique to reduce the computational complexity. All required coefficients are divided in two parts by using 2-branch polyphase decomposition. The two branch polyphase structure is shown in Figure7 and can be expressed as:
The proposed computationally efficient equivalent structure is shown in Figure8. In this structure signal is decimated before filtering which reduces the number of coefficients required to implement the desired filter. This coefficient reduction in turn further reduces the computational complexity of the proposed design.
Figure8. Computationally Efficient Structure
The proposed DDC is synthesized and hardware implemented on Virtex-II Pro based xc2vp30-7ff896 target device. The Simulink and System Generator is used to hardware co-simulate the proposed model whose outputs are shown in Figure9. 
CONCLUSION
In this paper, an optimized System Generator based hardware co-simulation technique is presented to implement GSM based digital down convertor for software defined radios. Equiripple based polyphase decomposition technique is used to optimize the proposed DDC design in terms of speed and area. The proposed design can operate at maximum frequency of 160 MHz by consuming power of 0.34004 W at 25 °C junction temperature. The proposed model is consuming very less resources on Virtex-II Pro based xc2vp30-7ff896 target device to provide cost effective solution for SDR based 3G & 4G wireless communication applications.
